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5 BACKGROUND OF THE INVENTION 

1 . Field of the Invention 

The present invention relates to analog-to-digital converters, and in particular, 
to a structure for adaptive multi-bit delta and sigma-delta modulation. 

10 2. Description of the Related Art 

(Note: This application references a number of different publications as 
indicated throughout the specification by reference numbers enclosed in brackets, e.g., 
[x]. A list of these different publications ordered according to these reference 
numbers can be found below in the Section entitled '^Publications" in the Detailed 

1 5 Description of the Preferred Embodiment. Each of these publications is incorporated 
by reference herein.) 

The signal-to-noise (SNR) performance of the source coder varies with the 
strength of the input signal. In pulse code modulation (PCM), for example, the SNR is 
proportional to the ratio V/a x where V is the full scale amplitude of the coder and a x is 

20 the standard deviation of the input signal. Waveform coders are also expected to have 
good dynamic range performance, i.e., to have high SNR even for small input 
strength. It is well-known that log-PCM (e.g., ji-law and A-law PCM) improves the 
dynamic range of the coder by reducing, but not eliminating, the dependence of SNR 
on the ratio V/ a x . Another method to increase the dynamic range of coders is to use 

25 adaptive delta modulation (ADM) and adaptive sigma-delta modulation (ASDM) 
systems. See, for example [l]-[6] for overviews on data converters and their 
applications. Still, conventional ADM and ASDM systems tend to be one-bit coders 
and their performance is therefore limited by this fact. 



2 



WO 2004/036754 



PCTYUS2003/032835 



In previous works [7, 8], two adaptive delta and sigma-delta modulation 
schemes have been proposed. While these schemes still employ single-bit 
quantization, they were nevertheless shown to exhibit superior tracking performance, 
high dynamic range and improved SNR compared to other similar schemes. Of 
5 course, one way to further improve their performance would be to increase the 
number of quantization bits. 

Doing so will decrease quantization noise and increase the overall SNR. 
However, in the process of this modification it is useful to make a distinction between 
quantization bits inside a main loop of a modulator and quantization bits inside an 
10 adapter that is used to adapt the step-size of the modulator. The present invention 
maintains the quantization within the main loop to one bit, but increases the 
quantization within the adapter to multiple bits in a manner that results in improved 
performance. 

Specifically, the present invention describes adapters using multi-bit 
15 modulation, including a companded differential pulse code modulator, an adaptive 
sigma-delta modulator, an adaptive delta modulator, and adaptive differential pulse 
code modulation. The present invention also describes a framework for studying the 
performance of these adapters by showing how they can modeled in terms of first- 
order random gain models. Performance measures are derived from these simplified 
20 models and simulation results are then used to illustrate a good match between theory 
and practice. 

SUMMARY OF THE INVENTION 
To overcome the limitations in the prior art described above, and to overcome 
25 other limitations that will become apparent upon reading and understanding the present 
specification, the present invention discloses an adaptive multi-bit delta and sigma- 
delta modulation and demodulation technique, wherein a one-bit modulator generates 
a binary output signal from an analog input signal and a multi-bit adapter generates a 
signal for scaling a step-size of the modulator. 
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BRIEF DESCRIPTION OF THE DRAWINGS 
Referring now to the drawings in which like reference numbers represent 
5 corresponding parts throughout: 

FIG. 1 A illustrates a structure for adaptive sigma delta modulation and FIG. 
IB illustrates a structure for adaptive sigma delta demodulation; 

FIG. 2 illustrates a structure of the adapter used for adapting the quantizer 
step-size; 

10 FIG. 3 illustrates an equivalent structure of the adapter in terms of a 

companded delta modulator; 

FIG. 4 illustrates an adapter with a companded differential pulse-coded 
modulater (DPCM) structure; 

FIG. 5 illustrates a companded DPCM coder; 
15 FIG. 6 A illustrates a first-order DPCM structure and FIG. 6B illustrates a 

linearized DPCM structure; 

FIG. 7 is a graph that shows the output of the companded DPCM coder 
tracking an input speech signal; 

FIG 8 is a graph that shows the SNR performance of the companded DPCM 
20 coder compared to other two schemes (B=[2-5]); 

FIG. 9 is a graph that shows a comparison of theoretical and simulated SNR 
for the companded DPCM coder; 

FIG. 10 illustrates a structure for multi-bit adaptive sigma-delta modulation; 

FIG. 1 1 is a graph that shows a linearized random-gain model for the multi-bit 
25 adaptive sigma delta modulator; 

FIG. 12 is a graph that shows the SNR performance of the multi-bit ASDM 
over input level for B=2-5; 

FIG. 13 is a graph that shows the SNR dependence of the multi-bit ASDM on 
the oversampling ratio R for B={3,4,5} bits; 
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FIG. 14 is a graph that shows the effect of increasing the order of the NSF on 
the SNR of the multi-bit ASDM; 

FIG. 15 is a graph that shows a comparison between SNR values resulting 
from theory and simulation for different bits for the multi-bit ASDM; 

FIG. 16 is a graph that shows the theoretical SNR versus number of bits for 
the multi-bit ASDM; 

FIG. 17 illustrates a structure for single-bit adaptive delta modulation; 
FIG. 18 illustrates a structure of an adaptive differential pulse code modulator 
(ADPCM) coder; 

FIG. 19 is a graph that shows the SNR performance of five coding schemes 
with different attenuation factors for B = 3; and 

FIG. 20 is a graph that shows the SNR of the ADPCM coder versus sampling 
rate for different values of B. 

15 DETAILED DESCRIPTION OF PREFERRED EMBODIMENT 

In the following description, reference is made to the accompanying drawings 
which form a part hereof, and which show, by way of illustration, a preferred 
embodiment of the present invention. It is understood that other embodiments may be 
utilized and structural changes may be made without departing from the scope of the 

20 present invention. 

1 Overview 

The present invention discloses adaptive delta and sigma-delta modulation 
structures using a single quantization bit inside a main loop of a modulator and 
25 multiple quantization bits inside an adapter that is used to adapt the step-size of the 
modulator. Four structures where the adapter is implemented are described, 
including: (1) a companded differential pulse code modulator, (2) an adaptive sigma- 
delta modulator, and (3) an adaptive delta modulator, (4) an adaptive differential pulse 
code modulator (ADPCM). The present invention also describes a framework for 

5 
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studying the performance of the proposed adapter structures in terms of first-order 
random gain models, and show that the proposed adapter structures result in improved 
SNR, tracking, and high dynamic range. 

5 2 Commanded Differential Pulse Code Modulator fDPCMft 

FIG. 1 A illustrates the structure of a sigma-delta modulator 10 first proposed 
in [7], wherein the modulator 10 is comprised mainly of two parts: a conventional 
sigma-delta modulation part, and a step-size adaptation part. 

The sigma-delta modulation part includes a summing junction 12, integrator 

10 14 and one-bit quantizer 16, wherein the difference between a sampled analog input 
signal x(n) and an output signal p(n) from the integrater 14 is converted into a binary 
output signal y(n) having a specified number of bits at the quantizer 16. The binary 
output signal y(n) is a representation of the analog input signal x(n) contaminated 
with noise created by the quantizer 16. 

15 The step-size adaptation part includes an absolute value block 20, digital-to- 

analog converter (DAC) 22, adapter 24, multiplier 26 and delay 28, wherein the step- 
size of the quantizer 16 is adapted based on estimates of absolute value of the signal 
p(n), where p(n) is the input to the quantizer 16. The absolute value block 20 
generates the absolute value signal |p(n)| to the quantizer 16. The DAC 22 converts 

20 the output y(n) from the quantizer 16. The adapter 24 uses the absolute value signal 
|p(n)| output from the absolute value block 20 to produce a scaling signal d(n), which 
is an approximation of the absolute value signal |p(n)|, and a binary sequence signal 
q(n) from which the signal d(n) can be re-generated. The scaling signal d(n) is 
multiplied by the multiplier 26 using the output y(n) from the DAC 20 to create an 

25 encoded signal v(n): 

v(n) = y(n) d(n) 
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The encoded signal v(n) is delayed at the delay 28 and the delayed signal v(n- 
1) is subtracted from the analog input signal x(n) at the summing junction 12 to 
generate an error signal e a (n): 

5 e a (n) = x(n)-v(n-l) 

The error signal e a (n) is then passed through the integrator 14, and the signal 
p(n) is output from the integrator 14. The signal p(n) is quantized by the quantizer 16 
to produce the binary output signal y(n). 

10 FIG. IB illustrates the structure of a sigma-delta demodulator 30, wherein the 

demodulator 30 is also comprised mainly of two parts: a sigma-delta demodulation 
part, and a step-size adaptation part. The sigma-delta demodulation part is similar in 
function to the sigma-delta modulation described in conjunction with FIG. 1 A, and 
includes a low pass filter 32 that filters out a shaped quantization signal from the 

15 binary output signal y(n), thereby resulting in an approximation (x (n)) of the original 
analog input signal x(n). Similar to the modulator 10, the step-size adaptation part 
includes a multiplier 34 and adapter 24, wherein the adapter 24 accepts the signal q(n) 
from the modulator 10 and generates the scaling signal d(n) to vary the step-size of 
the demodulater 30. 

20 The key difference in relation to other sigma-delta modulators is in the manner 

by which the adapter 24 functions. The functionality of the adapter 24 is illustrated in 
FIG. 2. 

The adapter 24 includes a summing junction 12, one-bit quantizer 16, 
integrator 14, delay 28 and exponential term block 36. A delayed scaling signal d(n- 
25 1) is subtracted from the absolute value of the signal p(n) at summing junction 12, and 
the results therefrom are quantized by the quantized 16. The binary sequence signal 
q(n), from which the signal d(n) can be re-generated, is output by the quantizer 16 to 
the integrater 14, which generates the signal w(n) as an input to the exponential term 
block 36. The exponential term block 36 outputs the scaling signal d(n), which is 
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output from the adapter 24, and also input to the delay 28 to create the delayed scaling 
signal d(n-l). 

The purpose of the adapter 24 is to adapt the step-size of the quantizer 16 and, 
as can be seen from the figure, the adapter 24 functions as a delta modulator in its 
5 own right with an additional exponential term block 36. The purpose of this additional 
exponential term block 36 is to boost up the tracking performance of the adapter 24. 
This adapter 24 differs from other adaptation schemes (e.g., [9]-[l 1]) in that it uses 
the input signal |p(n)| rather than the original input signal x(n) itself. The result is an 
increase in both SNR and dynamic range in comparison to conventional SDMs. In 
10 particular, the analysis in [7] showed that the SNR of the system is independent of the 
input strength. 

Actually, the analysis in [7] further showed that the adapter 24 of FIG. 2 could 
be redrawn in an equivalent form as a companded delta modulator 38, as shown in 
FIG. 3. The companded delta modulator 38 includes a logarithm term block 40, delta 

1 5 modulator (DM) 42 and exponential term block 36, wherein the input signal to the 
companded delta modulator 38 is jp(n)| and the output signal from the companded 
delta modulator 38 is d(n). The mapping from |p(n)| to d(n) undergoes companding at 
40 and expansion at 36 in addition to delta modulation at 38. This equivalent structure 
is very useful, since it suggests a way to extend the desirable properties of the single- 

20 bit ASDM of [7] to the multi-bit scenario. 

First, the DM 42 inside the adapter 24 may be replaced by a more generic 
differential pulse code modulator (DPCM) as shown in FIG. 4. The adapter 24 of 
FIG. 4 includes a logarithm term block 44 for companding the signal |p(n)| to recreate 
an analog signal Xd(n), an op-amp 46 for adjusting the signal xa(n) by a scaling factor 

25 1/S, a DPCM 48 for differentially pulse code modulating the adjusted xa(n) to 

generate a binary output signal yd(n), an op-amp 50 for adjusting the binary output 
signal ya(n) by a scaling factor S, and an exponential term block 36 for expanding the 
adjusted y d (n) to generate a delayed scaling factor d(n-l). In parallel, the signal |p(n)| 
is quantized by a one-bit quantizer 16 to generate a binary output signal y(n), wherein 
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y(n) is multiplied at multiplier 26 by the delayed scaling factor d(n-l) to generate a 
encoded signal v(n). Note that in this structure, wherein the input signal to the 
adapter 24 is |p(n)| and the output signal from the adapter 24 is v(n). 

The motivation behind this extension is that the DM 42 is a special case of 
5 DPCM 48, wherein the DPCM 48 uses multi-bit quantization and higher-order 
prediction (it is sufficient to assume a single delay predictor) and results in better 
coding. Therefore, using the DPCM 48 in the adapter 28 instead of a DM 42 should 
improve the tracking performance of the adapter 24. 

The scaling factor 1/S of op-amp 46 adds flexibility and improves tracking 
1 0 performance for the adapter 24. Moreover, the range of the input to the DPCM 48 can 
be adjusted by tuning S. 

Of course, the companded DPCM adapter 24 can also function as a stand- 
alone coder as well. For this reason, and for generality, the structure of FIG. 4 can 
redrawn as shown in FIG. 5, and its input signal denoted more generically by x(n) 
15 instead of |p(n)|. 

The following describes the performance of the companded DPCM system, 
and the resulting multi-bit ASDM. Among other results, expressions for the mean and 
variance of the coding error are derived, as well as an expression for the SNR of the 
overall system. These results will be achieved by first showing how the companded 
20 system can be modeled as a single random gain with known statistics. 

2.1 Random Gain Model 

To begin with, from FIG. 5, the input to the DPCM 48, x d (n), is given by: 
25 S (1) 
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where x(n) is the input signal to the coder. The output of the DPCM 48, 
denoted by yd(n), is multiplied by the scaling factor S at op-amp 50 and then 
decompressed by the exponential term block 36 to give: 

= (2) 



and: 



v(n) = y(n)d(n) (3) 
where y(n) is the sign of x(n). 

The objective in this section is to show that the input-output mapping of the 
companded DPCM 48 of FIG. 5 (i.e., from x(n) to v(n)) can be modeled as: 



15 v(n) = K(n)x(n) 

for some random gain K(n) that is going to be characterized. This intermediate 
result will be very useful in characterizing the performance of the overall companded 
DPCM and multi-bit ASDM structures. 

20 FIG. 6A illustrates the structure of the original DPCM 48. The DPCM 48 of 

FIG. 6 A includes a summing junction 12, multi-bit quantizer 52, integrator 14 and 
delay 28, wherein the input signal to the DPCM 48 is x d (n) and the output signal from 
the DPCM 48 isy d (n). 

FIG. 6B illustrates a linearized version of the DPCM 48. The DPCM 48 of 

25 FIG. 6B is similar to FIG. 6A except that the multi-bit quantizer 52 is replaced by a 
summing junction 12 for an additive quantization error e<i(n) 
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The additive quantization error e<i(n) is assumed to be uniform within the 
interval: 



where A = 2/2 B and B is the number of bits of the coder (B - 1 bits are devoted 
to the quantizer 16 and the remaining bit carries the sign signal). The quantization 
error is further assumed to be independent of all other variables. 

In the z-transform domain, the operation of the linearized DPCM 48 is 
10 described by: 



1 



YM = (X d (z) + E d (z)) 

1 + - 2 



1-z- 
which simplifies to: 

15 

Y d (z) = X d (z)+E d (z) 
In other words: 
20 y d (n) = x d (n) + e d (n) 

so that using equation (1) results in: 



yAn)=^\og a \x(n)\+e d {n) 

25 
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Substituting back into (2): 



10 



5(lio ga |x(ioK( w )) 
d(n) = a s 



This equation can be simplified to: 
d(n) = \x(n)\a SeAn) 

Now, since: 
v(n) = y(n)d(n) 
then: 

15 v(n) = x(n)e SeAn) 

Finally, if the following is defined: 

K(n) = a Se « ( '° (3) 

20 

the desired relation is: 

v(n) = K(n)x(n) (4) 

25 This result shows that the companded DPCM coder of FIG. 6B can be 

modeled by a single random gain K(n), which is a function of S and e d (n) only. In the 
sequel, it is assumed that all random processes are stationary. 
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Now it is easy to verify that the first and second moments of K(n) are given 

by: 
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E K ±E{K}=\l±cz s '>dT J 



i A 



1 ' v SA/2 -SA/2> 



ASln(a) 



and: 



2 A 



1 ' SA ^-SA^ 



2ASln(a) 
Let e c (n) denote the coding error: 
e c (") = ^(")-v(») 



(5) 



15 The above results allow an expression for the expected value and variance of 

e c (n) to be derived. To see this, the expected value of bom sides of (4) is evaluated: 

E{v(n)} = E{K( n )x(n)} (6) 
20 and the independence of {ed(n)} with all other variables is invoked to conclude that: 



E V =E K E X 
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and, therefore: 

^=(1-^)2?, (?) 

5 Here, the notations {E v , E x , E % } are used to denote the means 

{v(n) y x(ri) 9 e c (n)} , respectively. 

Moreover, by squaring both sides of the error expression (5), the following is 
obtained: 

10 e 2 c (n) = x\n)-2x(n)v(n)+v 2 (n) 

Taking the expected value of both sides, it is found that: 



15 



25 



E 4 = E f ~ 2E xv + E v * 



Now since: 



E xv =E{K{n)x\n)}=E K E x 



20 and: 



E vl =E{K\ri)x\n)}=E Kl E x 



results in: 



E e \ =E S ~ 2E k E * +E K> E x 1 
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In other words: 

E er (l-2E K +E K2 )E x2 (8) 
The variance of the coding error is: 

and from (7) and (8) the following is obtained: 

< =(l~2E K +E K2 )E x2 -{l-E K ?El (9) 



Finally, in computing the SNR, it is assumed that the input signal is zero mean 
(so that cr* = E e2 ). Therefore, equation (9) can be rewritten as: 

15 

ctI={1-2E k +E k2 )<t 2 x (10) 

The SNR is defined as SNR= <r 2 x I cr^ . Using equation (10), the variance of 
the input signal will cancel out, leading to the following expression: 



20 



SNR = - 



\-2E k +E k2 



(ID 



The theoretical SNR is therefore independent of the input strength. In 
summary, the following result is obtained: 
25 Theorem 1 : SNR of the Companded DPCM. For the companded DPCM coder 

of FIG. 5, the coding error e c (n) = x(ji) — v(n) has zero mean and variance: 
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al e ={\-2E K +E K2 )* 2 x 



where: 



E K = (a s * /2 -a' 5 *' 2 ) 

K 2ASln(a) v } 



and cr x is the variance of the input x(n). The constants A, S, and a are the quantizer 
step-size, the scaling factor of the DPCM input, and the exponent term, respectively. 
10 Furthermore, the SNR of this coder is independent of the input strength and given by: 



SNR=- 1 



\-2E K +E K2 



2.3 Simulations 

15 The companded DPCM coder was simulated using Matlab. FIG. 7 shows the 

output v(«) tracking a speech input sampled at F s = 22 kHz. The exponent term a, the 
scaling factor S, and the number of bits B are chosen as 1.25, 5, and 4, respectively. 
The figure shows a close tracking even at high variations in the speech signal. 

Next, the dynamic range of the coder was investigated. In this test, the input 

20 signal is attentuated by a factor k and then run through the coder. The resulting SNR 
of the coder was measured. A different value of k was chosen and the process was 
repeated. FIG. 8 shows the resulting SNR versus the attenuation factor k together with 
that obtained using jx-law PCM and A-law PCM for B=[2-5]. The proposed coder 
demonstrates higher SNR performance than the other two coders. Furthermore, the 

25 proposed coder shows almost flat SNR performance over input strength 



16 



WO 2004/036754 



PCT/US2003/032835 



outperforming the other two coders and resulting in a noticeably higher dynamic 
range. 

FIG. 9 shows a comparison between the theoretical SNR derived earlier, in 
equation (1 1), and the simulated SNR for B=[2-5]. A sine waveform input was used in 
5 this simulation and the scaling factor S was chosen to be unity. The figure shows a 
close match between the two quantities. 

3 Multi-Bit Adaptive Sigma-Delta Modulation f ASDJVD 
As explained before, besides functioning as a stand-alone coder, the 
1 0 companded DPCM 48 of FIG. 5, with x(n) replaced by p(n) as in FIG. 4, can be used 

to adapt the step-size of the ASDM of FIG. 1. The resulting structure is shown in FIG. 

10. The main loop is a conventional single-bit SDM with a noise shaping filter H(z) 

54. The results of the previous section can then be used to characterize the 

performance of the resulting ASDM structure. 

15 

3.1 SNR Performance 

Section 2 above showed that the input-output mapping of the companded 
DPCM 48 can be modeled as the random gain 56, having a value K(ri) = a SeAn) , 
where e d (n) is the quantization error associated with the quantizer 16. Therefore, the 

20 functionality of the multi-bit ASDM structure can be modeled as shown in FIG. 1 1 . 
The difference between this model and the one developed in [7] for the single-bit case 
lies in the values of the first and second-order moments of gain K(n) 56. In the multi- 
bit case, as can be seen from the statement of Theorem 1, these moments depend on S 
and the value of A is now smaller. 

25 Therefore, the derivation carried out in the single-bit case in [7] can be 

extended rather directly to the multi-bit case resulting in the following SNR 
expression for the multi-bit ASDM system: 
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SNR = 



R 



(i-2r^- 1 i)(^e 2 -i) 



(12) 



where the quantities {A,T,\,¥,R} are defined as follows: 



10 



/3 = ^~ 



A = 



(1 + 0 1 1 
2 l + p 1 
2 2 1 + yff 



1 > 
1 
1 



X + P) 



(MxM) 



r = 



sin(<p B ) am(2a> B ) sm(Mco B ) 



2co n 



Ma> R 



(IxM) 



1 = [1 1 1 ... lf(Mxl) 



2-E v 



Ek(2E k -E z ) 
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The constant R is the oversampling ratio (OSR) and cob is the bandwidth of the 
input signal in radians/sec. The matrix size M is an integer approximation of the span 
of the autocorrelation function of the modulation error. A typical value for M is 
between 4 and 10. Thus, observe again that the theoretical SNR is independent of the 
input signal strength. 
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3.2 Simulations 

The multi-bit ASDM was simulated using Matlab with a sinusoidal input. The 
parameters a, S, and the oversampling ratio (R) were chosen as 2.2, 1, and 64, 
respectively. FIG. 12 shows the SNR performance of the proposed modulator for 
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B=2-5 bits. From these figures, the following can be observed. First, the SNR shows a 
flat response over input level supporting the' theoretical findings. Second, the SNR 
increases by an average of 6 dB with 1-bit increase in the quantizer. FIG. 13 shows 
the SNR dependence on the oversampling ratio R for B=3-6 bits at -5 dB input 
5 amplitude. The plot also includes the performance of the conventional SDM for the 
sake of comparison. 

In another test, the effect of increasing the order of the noise shaping filter 
(NSF) H(z) on the performance of the modulator was investigated. FIG. 14 shows the 
SNR versus the input level for B=3-4 and for 1st and 2nd order NSF. The figure 
10 shows an improvement of up to 14 dB in SNR when B=3 bits and up to 24 dB 
improvement when B=4 bits. 

The expression for SNR shown in (12) was tested by comparing it with 
simulation results. FIG. 15 shows a comparison between the theoretical and simulated 
SNR for a sinusoidal input with R = 64, S = 1, a = 1 .95, and B = [3, 6]. The plot 
15 shows a close match between theory and simulations. 

Finally, the theoretical SNR is plotted against the number of bits B of the 
overall modulator. The result is shown in FIG. 16. The SNR increases by 6 dB as a 
result of increasing the number of bits by one. 

It may be remarked that since ASDM implementation employs analog 
20 circuitry, circuit noise becomes a limiting factor such as noise generated by the ADC 
nonlinearity and thermal noise. While these are relevant issues, the focus in this 
application is on modeling and studying the performance of the proposed structures. 

4 Adaptive Differential Pulse Code Modulation (PPCIVD 
25 In a related work [8], a structure for adaptive delta (as opposed to sigma-delta) 

modulation with improved tracking performance was also proposed. The modulator is 
shown in FIG. 17 and its operation is described by the equations: 
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e a (n) = x(n)-v(n-l) 
q{n) = sign [\e a (n)\ -d(n- 1)] 

v(n) = v(n - 1) + sign [e a (n)] d(n) 

Again, the key difference in relation to other adaptive delta modulators (e.g., 
[12]-[13]) is that the adaptation procedure uses the input to the quantizer rather than 
5 the original input itself. 

First, the following variables are introduced: 

x d (n)^log a (\p(n)\) 
= log* (</(«)) 

Observe again that the adaptation scheme in the upper branch of the figure 
amounts to delta modulation as well. Therefore, an extension to the multi-bit case can. 
again be obtained by replacing the DM adaptive scheme with the companded DPCM 
58 shown in FIG, 18. The resulting structure is referred to as an ADPCM system. It 
will be seen in this section that this structure maintains the same high dynamic range 
performance of the ADM and log-DPCM structures and also has improved SNR. 

4.1 Performance 

From the discussions in the previous sections it is already known that the 
20 following can be written: 

v(n) = K(n)x(n) (13) 
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where: 



K(n)±a s « M (14) 

In other words, the companded DPCM part of this coder can be replaced by 
the random gain K(n). Now, it was shown in [8] that the single-bit ADM coder is 
BIBO stable. This conclusion can be extended to the multi-bit case by relying on the 
random gain model. 

Thus, note that, since: 



10 



v(n) = (1 - K(n))v(n - 1) + K(n)x(n) 
the following is obtained: 



15 v(n) = ZflC 1 - KU))K(i)*(i) 

1=1 y=i 



If the input signal x(ri) has abound A, then: 

\K(n)x(n)\<A\K(n)\ (15) 

and using an analysis similar to the single-bit case from [8], it can be verified 
that if a is chosen in the open interval: 
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2 _2_ 

2 SA <a<2 SA (16) 
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then a bound L can be found such that: 
\l-K(n)\<L<l 
5 Using this result, the following can then be written: 

\v(n)\<a SA/2 A^I/ (17) 
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and it can be concluded that the modulator output is bounded by: 



\v( n )\<a s ^A^ 



so that the modulator is BIBO stable under the sufficient condition (16). 

15 4.2 Simulations 

The performance of the ADPCM coder was tested via simulations. A speech 
waveform was coded at a bit rate of 32 kHz using the proposed coder. The parameters 
a and S were chosen as 1.8 and 5, respectively. The SNR was used as a qualitative 
measure of the quality of the decoded speech. In order to test the dynamic range of the 

20 coder, the same experiment was conducted as in the DPCM case. Different 

attenuation factors k were applied to the input speech and the SNR was measured for 
each value of k. The result is shown in FIG. 19 with B = 3 together with that obtained 
using PCM and ji-law PCM for the sake of comparison. Unlike other schemes, the 
SNR obtained by the proposed coder is independent of the input strength with 

25 improvement of about 9 dB over n-law PCM. 

In a different experiment, the effect of the input sampling rate on the 
performance of the coder was investigated. FIG. 20 shows the SNR performance 
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versus sampling rate of the input speech at different number of bits. The SNR changes 
approximately in a linear fashion with respect to the sampling rate. 
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10 6 Conclusion 

In conclusion, the present invention discloses adaptive delta and sigma-delta 
modulation structures using a single quantization bit inside a main loop of a 
modulator and multiple quantization bits inside an adapter that is used to adapt the 
step-size of the modulator. Four applications where the adapter is implemented were 

15 described, including: (1) a companded differential pulse code modulator, (2) an 
adaptive sigma-delta modulator, (3) an adaptive delta modulator, (4) an adaptive 
differential pulse code modulator (ADPCM). The present invention also describes a 
framework for studying the performance of the proposed adapter structures in terms 
of first-order random gain models, and show that the proposed adaptive modulation 

20 structures result in improved SNR, tracking, and high dynamic range. 

This concludes the description including the preferred embodiments of the 
present invention. The foregoing description of the preferred embodiment of the 
invention has been presented for the purposes of illustration and description. It is not 
intended to be exhaustive or to limit the invention to the precise form disclosed. 

25 Many modifications and variations are possible in light of the above teaching. 
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It is intended that the scope of the invention be limited not by this detailed 
description, but rather by the claims appended hereto. The above specification, 
examples and data provide a complete description of the manufacture and use of the 
composition of the invention. Since many embodiments of the invention can be made 
5 without departing from the spirit and scope of the invention, the invention resides in 
the claims hereinafter appended. 
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